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© Method and apparatus for measuring and correcting acoustic characteristic in sound field. 

® 



The acoustic transmission characteristics of a sound 
field, such as in the passenger compartment of a vehicle, are 
measured by placing microphones (1-3L1-3R) at the posi- 
tions of ears of a dummy mannequin (1-4) having a sound 
absorbing characteristics similar to that of a clothed adult 
human. The transmission characteristics are then corrected, 
such as with an automatic graphic equalizer (3-2), to provide 
optimized listening conditions inside the sound field for an 
actual listener. The use of the invention results in a listener's 
perception of completely natural sound. 
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PIONEER' ELECTRONIC CORPORATE. Ref = 90/24S6/02 

METHOD AND APPARATUS r0R ^ 

ACOUSTIC CHARACTERISTIC IN SOUND FIELD 
The present invention relates to a me thoa for 

9 an acoustic ^— < ^ 

o sources ana a preaeterainea Ustenin, ^ ^ 

inside a vehicle. 

m oraer to measure the acoustic trans„ission 
-racteristic in a oiven souna fieia. heretoIore a ^ 

SMemiJ bee " a a um . y head on the 

-rs of which microphones are arrangea is set at the 
U3t.„i„ 9 polnt , ana the chacacteristlc is aeterninea 

the outputs of the microphones. 

However, this 

13 measuring method is 

>saavanta 9 eous in that when a reai person is present i„ 
e a iteld , the soana tuu u dutucbea ^ ^ 

tion of the person, clothes ana bo a y , ana this 
««ect cannot be „eas„rea. Especiall y in the case of a 
restrictea souna fieia such as that insiae a vehicle, the 
-na fiexa characteristic when no person is present in 
souna fieia is 9 reat ly aifferent frc the souna f lel a 
characteristic proviaea „„e„ a person ls pr _ nt . 
Moreover, with this .ethoa. it is rather ai« lcolt to 
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integrally evaluate a sound field including a plurality of 
sound sources* Also, integrated measurement results 
including various effects of the ears, such as 
directionality and the addition effect, cannot be obtained 
using this method* 

Moreover, since the dummy head has the 
directional pattern which changes intricately with 
frequency and the dummy head is comparable in size with 
the wavelengths of the audio frequency sounds, and the 
dummy head has both right and left ears, it is difficult 
to accurately evaluate a sound field according to the 
conventional method in. ti' case where the sound sources are 
sequentially driven. 

The invention further relates to automatic 
graphic equalizers, and more particularly to an automatic 
graphic equalizer in which a test signal is used to 
measure a frequency characteristic in a sound field, and 
the test result is utilized to automatically control the 
graphic equalizer. 

A conventional device of this type is 
constructed as shown in Fig. 1. In Fig. 1, right and left 
channel audio signals together with a "pink" noise signal 
from a pink noise generating source 3-8 are applied to a 
signal applying and selecting switch 3-1. The two audio 
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signals are subjected to frequency characteristic control 
by a graphic equalizer 3-2 , and then applied through 
amplifier 3-3R and 3-3L to loudspeakers 3-4R and 3-4L, 
respectively, thus producing sound radiated i„ side a 
vehicle, for instance. 

The sound thus radiated is received by a 
microphone 3-5, and the output signal of the microphone 3- 
5 is applied to a frequency characteristic measuring 
section 3-6 where the signal is divided into frequency 
bands. Level detection is carried out for every band, as 
a result of which d.c. data values corresponding to the 
signal powers in the various bands are obtained. These 
data values are converted into digital data, which is 
sequentially stored in a controller 3-7, implemented with 
a microcomputer. The band characteristics of the graphic 
equalizer 3-2 are automatically controlled according to 
the digital data thus stored. 

Pig. 2 shows an example of the frequency 
characteristic measuring section 3-6. The output signal 
from the microphone 3-5 is applied through a microphone 
amplifier 3-9 to a frequency-band dividing EPF (bandpass 
filter) 3-10. The outputs of the BPF 3-10 are converted 
into d.c. signals by a rectifying circuit 3-11 and a 
smoothing circuit 3-12. One of the d.'c. signals at a time 
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is selected by a switch 3-13 and applied to an A/D 
(analog-to-digital) converter 3-14. 

It is assumed that the above-described circuit 
provides a frequency characteristic as shown in Fig. 3A. 
In this case, the graphic equalizer 3-2 is adjusted so 
that the sound field frequency characteristic is flat, 
whereupon data values D lr D 2 ,. . .. and D n (n = 5 in Fig. 
3A) are obtained. For this purpose, the graphic equalizer 
3-2 should be adjusted so as to have a characteristic as 
shown in Fig. 3B. 

In order to obtain adjustment data values G n 

(n = 1 through 5) as shown in Fig. 3B, the following 

calculations are carried out by the controller 3-7, 

5 

D av E>n/5, 
D n ~ D n ~ *> av , and 

G n ~ ~ A&n (n = 1 through 5) . 
The frequency characteristic in the sound field is made 
substantially flat by controlling the graphic equalizer 3- 
2 with the adjustment data G n . Dnder this condition, the 
application of the pink noise is suspended and the switch 
3-1 is operated to apply the audio signals. However, 
instead of this method, the application of the pink noise 
may be continued, the frequency characteristic measurement 
carried out again, and according to the measurement 
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result, adjustment performed a 9 ai„. In order to ■ ^ 
maximum advantage of the dynamic range of the A/D 
converter, the microphone amplifier 3-9 is designed so 
that the amplifier gain is controlled by the controller 3- 
7. However, it may be replaced by an amplifier having an 
ALC (automatic level control) function. 

In the above-described conventional device, the 
measuring microphone 3-5 is built into the system, and the 
number of microphones is limited to only a single one 
Therefore, the device often suffers from the difficulty 
that the frequency characteristic at the listening point 
does not coincide with that at the position of the 
microphone. m the case where the measurement is carried 
out with one microphone set at the listening point, tne 
acoustic waves travel along paths 3-41 and 3-42 to reach 
the microphone, as shown in Fig . 4ft . However> ^ ^ 

Person listens to the sound with both ears and there are 

paths 3-43 and 3-44 in vi n 

44 ln Fl 9' 4B *n addition to the 

aforementioned paths 3-41 and 3-42, the person hears the 
sounds as the Sum of these waves . Accordingly, the 
frequency characteristic measured with only one microphone 

does not match well with the actual hearino 

wuuiax nearing frequency 

characteristic. 

Still further, the invention relates to an 
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automatic sound field correcting system for automatically 
correcting a frequency characteristic in a listening space 
as desired. 

An example of a conventional automatic sound 
field correcting system is shown in Fig. 5. In this 
system, an audio signal outputted by a signal source 4-1 
such as a tape deck is supplied to one input -of an adder 
4-2, to the other input of which the output of a test 
signal generator 4-3 is connected. The test signal 
generator 4-3 generates a test signal, such as a "pink" 
noise signal, having a known characteristic. The output 
terminal of the adder 4-2 -is connected to a graphic 
equalizer 4-4 having a plurality of adjustment bands. The 
output terminal of the graphic equalizer 4-4 is the output 
terminal of the system. -The output terminal is connected 
to a power amplifier 4-5 in an acoustic reproduction 
device. The power amplifier 4-5 drives a loudspeaker 4-6. 

Sound radiated from the loudspeaker 4-6 is 
detected by a microphone 4-7, the output terminal of which 
is connected to a frequency characteristic detecting 
circuit 4-8. The circuit 4-8 has a plurality of BPFs 
(bandpass filters) having different passbands for 
detecting the frequency characteristic in the sound field 
according to the output signal of the microphone 4-7. The 
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frequency characteristic detecting circuit 4-8 is 
connected through an A/D (analog-to-digital, converter 4-9 
to a control circuit 4-10. The control circuit 4-10 
implemented with a microcomputer, controls the operation 
of the test signal generator 4-3 and the gain levels of 
the adjustment bands of the graphic equalizer 4-4. 

in this circuit, i„ response to an automatic 
sound field correcting instruction from a keyboard (not 
shown) or the like, the control circuit 4-10 causes the 
test signal generator 4-3 to operate. As a result, the 
test signal is applied through the adder 4-2 to the 
graphic equalizer 4-4. Xn thi s operation, the application 
of the audio signal to the adder 4-2 from the signal 
source 4-1 is suspended, and the output . frequency - 
characteristic of the graphic equalizer is made flat with 
the gain levels of the adjustment bands being made equal. 
The test signal outputted by the graphic equalizer is 
applied through the power amplifier 4-5 to the loudspeaker 
4-6, as a result of which sound corresponding to the test 
signal is radiated in the listening space from the 
loudspeaker 4-6. At the listening point, the Aerophone 
4-7 detects the sound pressure of the test signal 
reproduced sound to provide a sound pressure signal, which 
is supplied to the frequency characteristic detecting 
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circuit 4-8. The circuit 4-8 detects the sound pressure 
signal level according to the adjustment bands of the 
graphic equalizer 4-4, and the resultant detection levels 
are converted into digital data by the A/D converter 4-9. 
The digital data is applied to the control circuit 4-10. 
The control circuit 4-10 detects the frequency 
characteristic of the . detected sound pressure signal, 
i.e., the frequency characteristic in the sound field 
according to the digital data, controls the gain levels of 
the adjustment bands of the graphic equalizer 4-4 so that 
the frequency characteristic in the sound field becomes 
flat, and then stops the operation of the test signal 
generator 4-3. Thus, automatic sound field correcting 
operation has been accomplished. 

In general, when a person listens to reproduced 
sound in a listening space, the effects of the head/ the 
face, the ears, etc* cannot be neglected. However, if the 
listening space r the signal source, the power amplifier, 
the loudspeaker, etc., have no element which may disturb 
the sound field frequency characteristic, it can be 
assumed that the sound field frequency characteristic is 
relatively flat. On the other hand, it is obvious that it 
is better to perform sound field correction under the 
practical "condition -that a person is present in the 
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listens space, when automatic souna flela correcWon ^ 
carriea out i„ an ldeal ^ ^ ^ ^ ^ 

with the microphones of the microphone unit 4-7 set at the 
inlets of the externa! auditory canais as shown in P1 , 6 
the sound fleld correction is affected by the heaa, the 
face, the ears, etc. As a result, the souna f iel a 
frequency characteristic obtained fro, the output siqnai 
«* the frequency characteristic aetectin, circuit is 
aifferent fro, that which is ohtainea in the case where a 
-n 9l e microphone is usea, for instance, the resuitant 
frequency characteristic may not be- f lat , oeino irreqular 
especially in the hiqh frequency ranqe. as inaicatea b y 
the solia line a in pia 7 T , „v 

" 9 " 7 - If the graphic equalizer 4-4 

is aajustea so that its frequency characteristic is 
opposite to the frequency characteristic inaicatea by the 
s°lia line a, theoretically the sound „. M tcequency 
characteristic is maae flat. However, this methoa suffers 
from the problem that the souna proaucea accorainq to the 
method proauces a saiahUy unnatural auaitory sensation. 

Yet moreover, the invention relates to acoustic 
characteristic measurinq device for measurin, the acoustic 
Characteristic between a piuraiity of souna sources 
P~viaea in correspondence to a plU rality of channe! 
sxqnals and a li8 teni„q point at which a person Ustens to 
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reproduced sounds from these sound sources. 

A conventional acoustic characteristic measuring 
device of this type is as shown in Pig. 8. 

As shown in Fig. 8, a pair of loudspeakers 5-1R 
and 5-1L are provided at the right and left sides in a 
room A. A signal outputted by a signal generator 5-2 is 
applied through a changeover switch 5-3 to the loudspeaker 
5-1R or 5-1L. The changeover switch 5-3 is operated so 
that the signal is applied through a transmission 
characteristic correcting device 5-4L such as a graphic 
equalizer and an amplifier 5-5L to the left loudspeaker 5- 
1L, or it is applied through a transmission characteristic 
correcting device 5-4R and an amplifier 5-4R to the right 
loudspeaker 5-1R. The signal outputted by the signal 
generator 5-2 may be a pink noise signal, impulse signal, 
white noise signal, warble tone signal, or sine wave 
signal. 

In order to measure the transfer function at the 
sound field formed by sound reproduced by the loudspeakers 
5-1R and 5-1L, or in order to electrically correct the 
sound field characteristic according to the measurement 
results, a nondirectional microphone 5-6 is set at a 
certain point (such as a listening point where a person 
listens to sound from the loudspeakers 5-1R and 5-1L) in 
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the sound field. The output of the microphone 5-6 is 
displayed on a display u „ it 5 -7 to measure the sound 
pressure versus frequency characteristic. 

A stereo acoustic reproduction system of more 
than one channel uses more than one loudspeaker, and there 
are generally available two acoustic characteristic 
measuring methods. m one of the methods, the measurement 
is carried out by applying the same phase signal to more 
than one signal source, and in the other method, the 
measurement is performed for each of the signal sources, 
in the former method, signals from the loudspeakers are 
subjected to vector addition at the position of the 
microphone, and. the result of the vector addition is 
outputted as a sound pressure signal received by the 
microphone. In the latter method, the. signals are 
outputted as separate sound pressure signals which the 
microphone receives from the two separate loudspeakers. 

In the above-described conventional device, a 
single-point measurement is carried out in which only one 
microphone is installed in the sound f ield in wnich no 
person is present. However, of course there is a* person 
present in an actual sound field. When a person is 
present in the sound field, the sound field is disturbed 
by the person's body. Moreover, the directional pattern 
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of human ears can differ greatly from person to person. 
Therefore, it is difficult to perform measurements which 
yield optimum listening conditions for all persons. In 
the case of stereo reproduction, it is difficult to 
measure a synthetic characteristic. Furthermore, in the 
case where, as in a mobile acoustic device, the listening 
point is symmetric in position, it is considerably 
difficult generally to evaluate the sound field with two 
transfer functions in the paths from the loudspeakers to 
the listening point converted into one. 

In view of the foregoing, an object of the 
invention is to provide a method of measuring an acoustic 
characteristic inside a vehicle which can accurately 
evaluate the sound field inside the vehicle. 

A specific feature of a method of the invention 
resides in that a dummy mannequin similar in structure to 
a real human body and which has surface sound absorbing 
characteristics substantially equal to the average sound 
absorbing characteristics of a clothed human body is set 
at the listening point, microphones are set at the ears of 
the dummy mannequin, and the outputs of the microphones 
are utilized to measure the acoustic transmission 
characteristic of the sound field* 
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Another feature of the acoustic characteristic 
measuring method according to the invention resides in 
that random or quasi-random noise signals not correlated 
with one another in a plurality of channels are employed 
as source signals for driving a plurality of sound 
sources, a received sound output characteristic at a 
listening point is obtained according to the average of 
the sum of output signals of microphones set at the ears 
of a dummy head positioned at the listening point, and an 
acoustic transmission characteristic between the listening 
point and the sound sources is measured according to the 
difference between the received sound output 
characteristic and a transmission characteristic before 
the sound sources are driven. 

Another object of the invention is to provide an 
automatic graphic equalizer in which the frequency 
characteristic in a sound field is detected by receiving a 
test signal through two microphones set at respective ear 
positions, thereby to obtain a characteristic in 
conformance to the actual hearing sensation. 

In accordance with this object, another feature 
of the invention resides in an automatic graphic equalizer 
which comprises: means for applying a test signal to 
first and second channel audio .signal lines; graphic 
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equalizer means provided in the audio signal lines, the 
graphic equalizer means having an adjustable frequency 
characteristic; first and second loudspeakers for 
radiating channel outputs of the graphic equalizer means 
in a predetermined sound field; a microphone unit for 
detecting sound in the sound field; and control means for 
controlling the frequency characteristic of the graphic 
equalizer according to the level of a detection signal 
provided by the microphone unit, the microphone unit 
comprising first and second microphones which are set at 
the ear positions of a person in the predetermined sound 
field. 

A still further object of the invention is to 
provide an automatic sound field correcting system which, 
with microphones set at the ears of a listener, corrects 
the frequency characteristic in a sound field so that the 
listener will perceive the sound as natural. 

Fulfilling this object, a specific feature of an 
automatic sound field correcting system of the invention 
resides in that the system comprises compensating means 
provided in a line through which a test signal is supplied 
to an electro-acoustic transducer means such as a 
loudspeaker to compensate the sound field frequency 
characteristic for loss of naturalness in hearing 



0165733 

- 15 - 



sensation. 



Another object of the invention is tQ 
the above-described dif ficulties accompanying ^ 

conventional acoustic characteristic measurina 

measuring system. 
More specifically, an object of th* • 

J c ot th€ invention is to 
provide an acoustic rhar^t.. • • 

characterise measuring system which 

can accurately evaluate a sound field i„ 

neld in agreement with 
the auditory perception o£ an actual person. 

A feature of an acoustic characteristic 
-asurinc system accordin, to this aspect of the invention 
"Sides in that, i„ . stereo acoustic reproduction system 
includino a plurality of sound sources provided i„ 
correspondence to a plurality of channel sicnals, a 
»easuri„ 9 system is provided which has microphones set at 
the ears of a real human body. dummy manneauin. or dummy 
ead located at a listening point whet e reproduced sound 
<rom the sound sources are listened to. and the outputs of 
the microphones is „tui 2e d to measure an acoustic 
Characteristic oetween the listenin, point and the sound 
sources. 

In the drawings:- 

Figs. 1 and 2 are block diagram of conventional 
automatic graphic equalizers; 

Figs. 3A and 3B are diagrams showing 



01 65733 



- 16 - 

characteristics of the devices of Figs. 1 and 2; 

Figs. 4A and 4B are illustrative diagrams used 
to describe drawbacks accompanying the conventional 
devices of Figs, 1 and 2; 

Fig. 5 is a block diagram of a conventional 
automatic sound field correcting system? 

Fig. 6 is an explanatory diagram indicating the 
arrangements of microphones used in the system of Fig. 17; 

Fig. 7 is a graphical representation indicating 
a sound field frequency characteristic detected with the 
microphones shown in Fig. 6, and a sound field frequency 
characteristic opposite the former; 

Fig. 8 is a block diagram showing a conventional 
acoustic characteristic measuring system; 

Fig. 9 is a block diagram showing a preferred 
embodiment of an acoustic characteristic measuring system 
of the invention; 

Fig. 10 is a diagram showing a sound absorbing 
characteristic of a clothed adult human; 

Fig* 11 is a block diagram showing an automatic 
graphic equalizer of the invention; 

Fig. 12 is an explanatory diagram depicting a 
microphone unit which can be employed with the device 
shown in Fig. 11; 
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p i9S. 13 through 1 6 sr „ M , 

- showins an ~ 

a s»y*cem of the invention; 

=ou„a fl . M correctino systeB o£ the lnvenUon 

Fi 9 s. „ throuoh n Wock au9cMs 

respective embodiments of an *..«. 

of an automatic characteristic 
measuring system of the invention. 



1C 



ng 



Preferred embodiments of the i„ 06 
- cne J-nventxon will 

described with reference to the 

erence to the accompanying drawings. 

and 1 iL " Sh ° Wn ^ Pi9 * 9 ' 3 ° f *"«-*™ i- iR 

1 t I ar V rCan9ed 35 S ° Und *~ * «" and 

s a of the fronfc region insiae a ^ 

o C e° s T kerS " - ~"- 

our es on the right and left sides of the rear region 

inside the vehicle » j 9 n 

of winch is shown) is ... . 

reDro , „ " " 3 Ust """9 Point where sound 

produced ^ theSe £ °-~ ioudspeafcers can be 
heard Microphones !-» and ^ „. ^ ^ ^ ^ 

of the dummy mannequin 1-4 rp ho , 

4 * Tne duR ™y mannequin l- 4 is 
similar in structure t. 

. E „ " *° 3 " UM " "avino . trunk , 

le 9 s. etc. The au my mannequin ^ ^ ^ 
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sound absorbing characteristic of its surface is 
substantially equal to the average sound absorbing 
characteristic of a clothed human body. Fig, 10 indicates 
the sound absorbing characteristic of a clothed adult 
human body, obtained according to a method based on a 
reverberation method. The sound absorbing characteristic 
depends on the type of clothes worn, and therefore it may 
vary as indicated by an arrow in Fig. 10. By dressing the 
dummy mannequin similarly to a real human body f the dummy 
mannequin can be made to have a sound absorbing 
characteristic substantially equal to that of a clothed 
real human body. 

In order to individually drive the four-channel 
loudspeakers 1-1L, 1-1R, 1-2L and 1-2R, noise generators 
1-6 through 1-9 are provided. Random noise signals (or 
quasi-random noise signals) such as white noise signals 
generated by the noise generators 1-6 through 1-9 are 
amplified by amplifiers 1-10 to 1-13 and applied as source 
signals to the loudspeakers l-lL r 1-1R, 1-2L and 1-2R, 
respectively. As the random noise signals of the various 
random noise generators are not correlated with one 
another, even if all the loudspeakers in the sound field 
are operated simultaneously, the sound pressure versus 
frequency characteristic is not made irregular by the 
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distance differences between the microphones 1-3L and 1-3R 
and the loudspeakers l-l L , 1-ir, !-. 2l and 1-2R# 
Therefore, plural sound sources can be collectively 
evaluated by this method. 

The output signals of the microphones 1-3L and 
1-3R at the ears of the dummy head 1-4 are subjected to 
addition by an adder 1-14, the sum output of which is 
applied to an analyzer 1-15. A received sound output 
characteristic at the listening point is then obtained by 
averaging the output of the adder, and the acoustic 
transmission characteristic between the listening point 
(the dummy head) and the sound sources (the loudspeakers) 
is measured from the difference between the received sound 
output characteristic and the transmission characteristic 
provided before the sound sources are driven. 

As described above, the dummy mannequin 1-4 is 
used, and the received sound output characteristic 
measured according to the average sum of the output 
signals of the microphones 1-3L and 1-3R at the ears of 
the dummy head, as a result of which the sound field can 
be expressed by a single transmission function. ' if the 
right and left channels have greatly different 
characteristics, a binaural effect occurs, and therefore 
the above evaluation may be somewhat insufficient in the 



- 20 - 



01 65733 



sense of direction, etc. However, since a characteristic 
difference of the order of 3 to 6 dB in a narrow frequency 
range will not so greatly affect the overall evaluation, 
if the right and left ears are not greatly different in 
characteristic from each other, the evaluation using the 
average sum of the output signals of the microphones 1-3L 
and 1-3R is effective. 

As is apparent from the above description, 
according to this embodiment of the invention, a dummy 
mannequin similar in structure to a real human body and 
having a surface sound absorbing characteristic 
substantially equal to the average sound absorbing 
characteristic of a clothed human body is set at the 
listening point, and the acoustic transmission 
characteristic is measured according to the outputs of the 
- microphones set at the ears of the dummy mannequin. 
Therefore, the measurement can be achieved under the same 
conditions as those in the case where an actual person is 
present in the sound field. Accordingly, even in a small 
sound field such as that inside a vehicle, the acoustic 
characteristic in the sound field can be evaluated with 
high accuracy. Moreover, random noise (or quasi-random 
noise) signals not correlated with one another are 
employed as source signals for driving the plurality of 
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' " WCh MkeS " — *• — ,u the 

~0, ingly. tbe aooustic cbatactetistlc ^ a sounfl ' 

including a plurality of sound sources can . 

A , ces can fa e generally 

evaluated. Furthermore, S i nC e the 

» since the characteristic is 
measured according to the sum «f ^ 

tne sum of the output signals of the 

microphones at the ear« *-u ^ 

tne ears of the dummy head «-k^ 

y nead, the measurement 
"suit is a composite one including the directivUy of ^ 

ears and the summing effect. 

-h „• U U " bl ° Ck aU9ram Sh °" ln9 ' 

mb ° dl,nent ° £ « -t-.tlc graphic e^ua^er of tne 
invention. i n FI _ 

19 - «»PO«n ts corresponding 

functronally to those already described with reference to 
1 «e designated oy corresponding reference n^erals. 
m Fig. 11. reference numeral 3- 6 l designates a switch for 
selectively applyi„ g the right and left channel audio 
s. 9 nals or a P i nk noise si 9 nal (without the audio signals, 
to the 9ra phic e 9 ualiser 3-2. When the pi„ k nolse u 
appned to the left channel, the right channel signal line 
» mounded, and when the pin k noise is applied to the 
" 9 ht channel, the left channel signal u ne is grounded. 

Further in rig. llf 3 . 5L s „ a 3 . 3R 
-crophones set at the ears of a listener. The 
Microphones My be aesigned as shown i n Pig . 12 , fe , 
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instance. The output detection signals of the microphones 
3-5L and 3-5R are selectively applied to the frequency 
characteristic measuring section through a switch 3-62/ 
The other circuit arrangement is the same as in Fig. 1. 

In measuring the frequency characteristic in a 
sound field, the controller 3-7 operates to turn on the 
pink noise generating source 3-8, to make the 
characteristic of the graphic equalizer 3-2 flat, and to 
cause the switch 3-61 to apply the pink noise signal to 
the left channel signal line. In this operation, no 
signal is applied to the right channel signal line.. Next, 
the controller 3-7 causes the switch 3-62 to select the 
output of the microphone 3-5L, and, as in the case of the 
conventional device, stores the data corresponding to the 
signal powers in the various frequency bands. Thus, the 
data of the path a in Fig. 11 is obtained. It is assumed 
that the data values for the frequency bands f x , f2* ••• 
and f n are represented by Dfi- a , Df2-a* ••• and °fn-a' 

respectively. 

Next, the switch 3-62 is operated to select the 
output of the microphone 3-5R, and data is stored in the 
same manner. As a result, the data for the path b is 
obtained. It is assumed that these data values are 
represented, by Dfi- b r Df2-b and D fn _ b . The switch 3- 
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« » then controiled to app!y the plnk noUe slgnal ^ 

the rioht channel sional Une onlv . Dnder ^ 

the switch 3- 62 is operated to obta . n ^ 

- °fn-d <» - 1. 2. 4. ... „, for the paths £ and fl fcom 
tbe outputs of the microphones 3-SL ana 3 . 5R 
respectively. Thus , the pou „ conyeislon ^ ^ ^ 

Paths a throuoh d between the ears of the listener ana the 
«9ht and left channel microphones 3- 5R and 3-5L are 

obtained. 

Since the listener perceives the sound as the 
sum of the acoustic outputs of the loudspeakers and the 
sound waves in the respective paths, the controller 3-, 
determines a frequency characteristic in the Ustenin, 
POmts by usino values obtained by adding the data of the 
paths. 

That is, 

°fl « Dfl-a + Dfl . b + Dfl _ c + Dfl _ d 
D f2 = D f2 . a + Df2 . b + Df + Df 
D f n = D fn . a + Dfn _ b + Df M + Dfn _ d 

Thus, the data values D fn for each frequency 
band are obtained. lf , with respect fcQ ^ conventional 

device, D n i s replaced by rhe „ ..u 

oy u fn , then the remaining 

operations are the same as in the conventional device. 

In the above-described embodiment, a number of 
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BPFs having different center frequencies are provided in 
the frequency characteristic measuring section 3-6* 
However, they may be replaced by a filter whose center 
frequency is changed stepwise by action of the controller 
3-7. In the latter case, a so-called SCF (switched 
capacitor filter) is used, and an SCF-contr oiling clock 
pulse frequency is changed by the controller. Fig. 13 is 
a block diagram showing an example of a frequency 
characteristic measuring section as described above. In 
Fig. 13, reference numeral 3-63 designates the center 
frequency variable filter (SCF). 

In the above-described embodiment, a pink noise 
signal is employed as the test signal. However, it may be 
replaced by a warble tone signal. In the latter case, the 
BPF may be eliminated from the measuring section, 
simplifying the block diagram of the system, as shown in 
Fig. 14. 

A four-loudspeaker output system may be 
employed. In this case, in addition to the paths a 
through d, there are paths a 1 through d' between the 
microphones and the loudspeakers, as shown in Fig. 15. In 
Fig. 15, reference numeral 3-64 designates a feeder 
circuit which divides each of the right and left channel 
lines into two systems and adjusts the difference in sound 
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vol ume level therebetween, and reference nu.eral 3-65 
designates a switch for performing on-off control of the 

loudspeakers. 

First, the first system o£ the switch 3-65 is 
turned on, a „d with respect to the right and left channels 
of the system and the microphones 3-5R and 3-5L. the same 
operations as those in the above-described embodiment are 
carried out to obtain the data for the paths a through d 
Hext, the switch 3-65 is operated, and with respect to the 
ri9»t and left channels of the second system and the 
microphones 3-SR and 3-5L, the data for the paths a- 
through d- is obtained i„ the same manner. The data 
values so obtained are added separately according to 
frequency bands to obtain frequency characteristic data 
The subsequent operations are carried out in the same 
manner as in the above-described embodiment. 

In the above-described embodiment, only one test 

signal generating source is nmyi^ u 

a uurce is provided; however, as shown in 

Fig. 16, two test signal generating sources 3-67 and 3-68 
»ay be provided respectively for the left and right 
channels. m the latter case, the two test signals may be 
outputted simultaneously, however, they are not correlated 
with each other. Assuring that the two test signals were 
correlated with each 'other, for instance, they are the 
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same signal, even if the frequency characteristic in the 
listening space ^ would be flat, the phase is shifted in 
accordance with the difference in distances along the 
paths (assuming the power attenuation causes no problem), 
and therefore sometimes the power of the synthetic signal 

* 

would not coincide with the actual power value. 

In the case where the two test signals are not 
correlated with each other, the output of each microphone 
is proportional to sum of the power in the paths, and the 
two test signals can be outputted simultaneously. The 
output of the microphone, 3-5L is the ' sum of the data of 
the paths a and c, " and similarly the output of the 
microphone 3-5R is the sum of the data of the paths b and 
d. Therefore, first the switch 3-62 is operated to select 
the microphone 3-5L to obtain the data value Drfi. and then 
the microphone 3-5R is selected to obtain the data D M2 . 
The sum of these data values, D M 1 + I>M2r the sum of the 
powers of the paths a through d, as in the above-described 

embod iment . 

As is apparent from the above description, 
according to the invention, two microphones set at ear 
positions are used to detect the test signal or signals. 
With this arrangement, the frequency characteristic 
measurement can be performed accurately at the listening 
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point, and the sound field correction can be carried out 
in conformance with the actual auditory perception. 

An embodiment of an automatic sound field 
correcting system of the invention will be described with 
reference to Fig . 17 . In ^ ^ 

corresponding functionally to those which have been 
already described with reference to Pig . 5 are therefore 
designated by the same reference numerals. 

The output terminal of the frequency 
characteristic detecting circuit 4-8 is connected to a 
compensating circuit 4-11. The compensating circuit 4-11 
is composed of an amplifier or attenuator having a 
frequency characteristic (as indicated by the broken line 
b in Fig. 7) opposite to the sound field f requency 
characteristic obtained from the output signal of the 
frequency characteristic detecting circuit 4 _ 8 in fche 
ideal listening space. The output signal of the 
compensating circuit 4-11 is supplied to the A/D converter 
4-9. The two microphones 4-7 are set at the ears of\he 
listener as shown in Fig. 6. 

In the automatic sound field correcting system 
of the invention, the other components are the same as 
those in the system shown in Fig. 5. 

In the system thus constructed, the output level 
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of the frequency characteristic detecting circuit 4-8 is 
compensated by the compensating circuit 4-11, i.e., it is 
weighted. Therefore , with the effects of the head, the 
face, the ears, etc. , of the listener included in the 
output signal of the frequency characteristic detecting 
circuit 4*8 being eliminated , the output signal of the 
circuit 4-8 is applied through the A/D converter 4-9 to 
the control circuit 4-10. Accordingly, in practice, the 
control of the gain levels of the adjustment bands of the 
graphic equalizer 4-4 to make the sound field frequency 
characteristic flat in audio reproduction need not be 
carried - out, and the characteristic frequency is 
controlled so that it is made irregular in such a way as 
to compensate for any unnaturalness in hearing sensation, 
i.e., as much as the compensation by the compensating 
circuit 4-11. 

In the case where, in the above-described 
embodiment of the invention, the frequency characteristic 
detecting circuit 4*-8 is of a type including a plurality 
of BPFs having different bandpass characteristics which 
can be selectively used, the output of each BPF should be 
connected to a compensating device such as an attenuator 
having an amount of compensation corresponding to its 
central frequency. In the case where a warble tone is 
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employed as the test signal, in the compensating circuit 
4-11, compensation is performed in an amount corresponding 
to the frequency of the warble tone. In this connection, 
a plurality of attenuators or amplifiers providing 
different amounts of compensation may be used in such a' 
manner that the attenuators or amplifiers are selectively 
operated according to the frequency of the warble tone. 

In the above-described embodiment, the 
compensating circuit 4-4 is connected between the 
frequency characteristic detecting circuit 4-8 and the A/D 
converter 4-9. However, the invention is not limited 
thereto or thereby. That is, the same effects can be 
obtained by connecting the compensating circuit 4-12 
between the test signal generator 4-3 and the adder 4-2. 

As is apparent from the above description, in 
the automatic sound field correcting system according to 
the invention, a device for compensating for unnaturalness 
in hearing sensation in the sound field frequency 
characteristic is inserted in the line through which the 
test signal is supplied to the electro-acoustic transducer 
or in the line of processing the output signals of the two 
microphones. Therefore, by discriminating the sound field 
frequency characteristic according to the output signals 
of the two microphones set at the ears of the listener, 
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sound field correction can be achieved under practical 
conditions, and the audio reproduction can be performed so 
as .to yield a characteristic providing excellent auditory 
sensation. 

Fig, 19 is a diagram showing another acoustic 
characteristic measuring system of the invention. As 
shown in Pig. 19, a pair of loudspeakers 5-11R and 5-llL 
are arranged at the right and left sides in a room A. 
Sound reproduced by these loudspeakers forms a sound field 
in the room. 

A dummy mannequin 5-12 (only the head of which- 
is shown) is set at the listening point where sound from 
the loudspeakers 5-UR and 5-11L can be listened to. 
Microphones 5-13R and 5-13L are siet at the respective 
right and left ears of the dummy mannequin 5-12. 

The structure of the dummy .mannequin 5-12 is 
similar to that of a real human body, having a body trunk , 
legs, etc. The surface of the dummy mannequin has a sound 
absorbing characteristic substantially equivalent to the 
average sound absorbing characteristic of a clothed human 
body, as shown in Fig. 10 and as discussed above. 

Instead of the dummy mannequin, a real human or 
a dummy head with the microphones 5-13R and 5-13L at the 
ears may be arranged at the listening point. 
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Signal generators 5-14R and 5-14L are provided 
to individually drive the pair of loudspeakers 5-llR and 
5-11L, respectively. These signal generators 5-14R and 5- 
14L produce random or quasi-random noise signals such as 
pink noise signals or white noise signals which are not 
correlated with each other. These uncorrected source 
signals are applied through transmission characteristic 
correcting devices 5-15R and 5-15L and amplifiers 5-16R 
and 5-16L to the loudspeakers 5-llR and 5-11L, 
respectively. 

Since the source signals applied to the 
loudspeakers 5-llR and 5-11L are not correlated with each 
other, power addition of acoustic signals outputted by the 
loudspeakers 5-llR and 5-11L can be obtained in the sound 
field. Accordingly, the outputs of the microphones 5-13R 
and 5-13L are the power additions of the acoustic signals 
outputted by the loudspeakers 5-llR and 5-11L, 
respectively. The outputs of the microphones 5-13R and 5- 
13L are applied to an arithmetic unit 5-17, where the 
addition (power addition) of these outputs is calculated. 
That is, the sound field is assumed as being described by 
a single transfer function. The calculation result of the 
arithmetic unit 5-17 is displayed on a display unit 5-18. 

The operation of the acoustic" characteristic 
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measuring device will be described. 

First, the sound reception characteristic of the 
human ear and that of a nondirectional microphone will be 
compared with each other using geometrical acoustic 
expressions. If the sound reception characteristic of the 
human ear is represented as an impulse response R^ on the 
ear drum membrane and an impulse Pntt) * s applied to one 
ear at an incident angle e# n (where n is the number of the 
sound source, e is the horizontal angle, and $5 is the 
vertical angle) , then the following equation is obtained 
as the sum in all direction in the surrounding 4- space: 

RD = *i(t) -DM(e^i) •G, 
where i indicates the i-th sound source. Dm is v the 
external transfer function of the human ear with an 
incident angle e ^i with respect to a sound source S r and G 
is the internal transfer function corresponding to* v the 
acoustic impedance inside the ear. 

For instance inside a vehicle, the sound 
sources, the wall surfaces, the seats and the listening 
point are close to one another, and therefore the free 
path of a sound wave will vary strongly depending on the 
position of a person seated in the vehicle room. This 
variation will be defined as "a degree of acoustic 
disturbance D D (e#i) . If the ear's directional pattern is 
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represented by a head transfer function Dr^, , then: 

An impulse response including this can be represented by 
the following expression: 

*D =1 Pi(t) -DRUtfi) •D D {6jz( i ) . G ... (1) 

On the other hand, in the case of a 
nondirectional microphone, the degree of acoustic 
disturbance is so small that it can be disregarded. 
Therefore, according to the same technical concept, an 
impulse response % in the vibrating system is: 

• % -I Pi(t) ... (2) 

The difference between equations (1) and (2) 
represents the difference in characteristic between these 
sound reception systems. Of the parameters in expression 
(1) , the internal transfer function G is substantially 
constant, irrespective of the incident direction of sound, 
and therefore the inverse function can be normalized by 
the use of a one-dimensional electrical system. However, 
the directional pattern D R and the degree of acoustic 
disturbance D D , being based on a three-dimensional spatial 
sound reception characteristic, cannot be synthesized with 
a one-dimentional process in an electrical system. That 
is, with respect to the difference in characteristics 
between the two sound reception systems, it is difficult 
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to perform the necessary conversion of the data. 

As is apparent from the above description, it is 
essential that the microphone, which is a fundamental 
element in a sound field measuring system, have as sound 
reception characteristics a directional pattern and a 
degree of acoustic disturbance which are closely 
equivalent to those of a human body. Accordingly, it is 
effective to use the microphones 5-13R and 5-13L set at 
the ears of the dummy mannequin 5-12 having a sound 
absorbing characteristic similar to that of a clothed 
human body, as described above. 

In the above-described sound reception system, 
the right and left ears have some degree of correlation in 
a general sound field (with exception of headphone sound 
reception). Therefore, it is difficult to control 
independently the transmission characteristic for the 
right and left ears, which is an index of correction of 
the sound field. Therefore, under the assumption that the 
characteristic obtained by addition of the transmission 
characteristic dependent on the right and left ears is the 
transmission characteristic of the sound reception system r 
average of the outputs of the microphones 5-13R and 5-13L 
is obtained by operation of the arithmetic unit 5-17, and 
the characteristic obtained thereby is utilized for the 
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sound field evaluation. 

in the arithmetic unit 5-17, in order to utilize 

the signals at the ears as average levels independent of 
each other, the power spectrum from which vector 

(including phase, components are eliminated (the absolute 
values of sound pre Ssures at various freguencies) ^ 
obtained and is added between the ears. Furthermore, the 
added transmission characteristics are each converted into 
1/3 octave band average levels, which are evaluated as 
transmission characteristics. This is due to the 
following reason: since the 1/3 octave band corresponds 
substantially to the human critical bandwidth, analytic 
data obtained by using the 1/3 octave band agree well with 
the hearing perception, and the variation of the narrow 
band spectrum in the band scarcely affects the hearing 
perception. 

in the case where the measurement is carried out 
with the loudspeakers of the different channels driven 
simultaneously, signals such as random noise signals which 
have no correlation between the channels are employed as 
source signals for the loudspeakers 5-11R and 5-lii. 
because, in order to satisfy the above-described 
measurement condition (power addition), it is necessary 
that, on the sound source side, the measuring signals are" 
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not correlated in generation probability with each other 
between the channels. This prevents the mutual 

interference of the channel signals in the vicinity of the 
listening point and minimizes fluctuation of the 
transmission characteristic due to deflection of measuring 
points. 

In the above-described power addition process, 
the plural (two channels of stereo) sound sources and the 
two sound reception systems (the ears) have independent 
transfer functions, and the sum of these transfer 
functions is employed as a transmission function for the 
sound reception systems and the sound sources. In order 
to handle these transfer functions independently of one 
another, it is essential that the signals from the sound 
sources are not correlated between channels. This will 
become more apparent from the following description: 

If, in Pig. 19, the outputs of the two sound 
sources (the loudspeakers 5-11R and 5-11L) are represented 
by S R and Si,, the outputs of the two sound reception 
systems (the microphones 5-13R and 5-13L) by M R and M L , 
and the sound reception systems by Glr, G ll , Grr and Grl, 
then the outputs M R and M L of the microphones in the 
signal reception systems are: 

M L W<Sl-Gll> 2 + (Sr-Grl)* 
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r 



MR = '\'(S R -G RR )2 + (S L .G LR )2 
For the transmission characteristic with M = m r + m l , the 
power addition value is M 2 . 

M2 = (Sr-Grr) 2 + (S L .G LR )2 + (S L .G LL )2 + ( S r. Grl )2 

+ 2 fV( s R*GRR) 2 + (S L -G LR )2.V(S L .G LL )2 + (S r . Grl )2] 
In the above equation, with respect to the 
second term: 

2[(S R .G RR )2 ( s L .G LL )2 + (S r .G rr )2 (Sr .G rl )2 

+. (S L -G LR )2 ( s L .G LL )2 + (S L .G LR )2 + ( Sr . Grl ) 2j W 
- 2[S R 2 {G RR -G RL ) + S L 2 (G LR -G LL )] . 
Therefore, 

< S R* G RR> 2 (S R -G RL ) 2 = 0 
( s l*Glr) 2 (s l -g ll ) 2 = 0, 
the product of which are not in correlation between the 
right and left channels. 

M2 - S R 2(G RR + Grl) 2 + S L 2(G LL + g lr ) 2 
= ISrIGrr + Grl) + S L (G LL + G LR ))2 

- s RSl(Grr + G RL )*(6 LL + G LR ) 
= | s R*Grr + Sr-Gul + S L -G LL + S L -G LR | 
Therefore, 

< G RR + Grl) • (G LL + G LR ) = o 
In the above-described embodiment, in the case 
where the measurement is carried out with plural sound 



0165733 

- 38 - 

sources driven simultaneously , the source signals are not 
correlated between the channels. However, if it is 
possible to drive the sound sources in a time division 
manner, then it is not necessary that the source signals 
are uncorrelated. 

Fig. 20 is a block diagram showing another 
embodiment of the invention. in Fig. 20, elements 
corresponding to those which have been already described 
with reference to Fig. 19 are therefore designated by the 
same reference numerals or characters. 

In the embodiment of Fig. 20, a signal generator 
5-14 .is provided as a signal source for the loudspeakers 
5-11R and 5-11L. A source signal produced by the signal 

generator 5-14 is applied through a changeover switch 5-19 

* 

to the loudspeaker 5-11R or 5-11L. The outputs of the 
microphones 5-13R and 5-13L are applied respectively 
through microphone amplifiers 5-20R and 5-20L to a 
changeover switch 5-21 used to selectively apply the 
outputs to a memory and arithmetic unit 5-22. When, with 
respect to the right and left loudspeakers 5-11R and 5-11L 
and the microphones 5-13R and 5-13L, the measurements have 
been accomplished, the mean square value of the outputs of 
the microphones 5-13R and 5-13L is calculated by the 
memory and arithmetic unit 5-22. This is equivalent to 
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obtaining the average of the power addition of the 
loudspeakers 5-llR and 5-11L as a single transfer 
function. 

Fig. 21 is a block diagram showing still another 
embodiment of the invention. m Fig. 21, those components 
which have been already described with reference to Fig. 
19 are therefore designated by the same reference numerals 
or characters. In the Fig. 21 embodiment, a signal having 
a significant amplitude- frequency characteristic, such as 
a warbel tone, pure swept tone or impulse, is employed as 
a source signal for the loudspeakers 5-llR and 5-11L. The 
acoustic characteristic is measured by driving the 
loudspeakers S-11R and 5-11L in a time division manner. 

More specifically, a signal such as an impulse 
signal produced by the signal generator 5-14 is applied to 
the transfer function correcting device 5-15 where the 
transfer function is corrected. The output of the 
transfer function correcting device is applied through the 
amplifier 5-16 and the changeover switch 5-19 to the left 
loudspeaker 5-11L. Sound reproduced by the loudspeaker 5- 
11L, while being affected by the sound field, propagates 
to the microphones 5-13R and 5-13L. The outputs of these 
microphones 5-13R and 5-13L are subjected to addition in 
the arithmetic unit 5-17, the output of which is stored in 
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a memory device 5-23. Next, the changeover switch 5-19 is 
operated to select the right channel. As a result, as in 
the above-described case, the loudspeaker 5-UR is driven, 
the outputs of the microphones 5-13R and 5-13L are added, 
and the result of addition is stored in the memory device 
5-23. 

As is apparent from the above description, the 
source signals are utilized in a time division manner to 
drive the loudspeakers 5-11R and 5-11L, and therefor e, as 
in the above-described embodiments, the source signals 
'applied to the loudspeakers are not correlated with each 
other between channels. The two signals stored in the 
memory device 5-23 are subjected to addition in the 
arithmetic unit 5-17, and the result of addition is 
displayed on the display unit 5-18. 

As is clear from the description above, 
according to the invention, the sound field characteristic 
can be treated as a single transfer function by obtaining 
the power addition or the average of power addition of the 
outputs of the microphones 5-13R and 5-13L set at the ears 
of the dummy mannequin, the structure of which is similar 
to that of a human body. Sound field correction is 
performed with respect to the aforementioned single 
transfer function utilizing the transfer function 
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correcting device 5-15, or 5-15R ani1 c 1CT . 

' 3 *-* R an ° 5-15L inserted in the 

electrical circuit or circuits in the reproduction system 
so that it is satisfactorily in agreement with the actual 
hearing perception. 

in the above-described embodiments, a two- 
channel stereo acoustic device is employed. However, in a 
four-loudspeaker reproduction device with two pairs of 
loudspeakers installed respectively at the front region 
and at the rear region of a sound field, the measurement 
may be achieved by obtaining the power addition of the 
right and left channels of each of the f ront and rear 
loudspeakers or by adding in -phase signals between the 
front and rear loudspeakers of each of the right and left 
channels. In this case, it is evident that, when the 
reproduction of a real source is taken into consideration, 
the same effect can be obtained. 

In the above-described embodiment, the sum of 
the outputs of the microphones on the ears is obtained by 
calculation. However, it goes without saying that the sum 
of the outputs can be obtained by analog processing, or it 
may be obtained according to a method in which the outputs 
are converted into digital data and the digital data 
subjected to numerical calculation. Furthermore, in the 
case application is made to an automatic graphic 
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equalizer , the sum can be readily obtained by feeding the 
outputs back to the transfer function correcting devices 
5-15 r or 5-15R and 5-15L through a microcomputer or the 
like. ' 

As is apparent from the above description, with 
the acoustic characteristic measuring system according to 
the invention, the acoustic characteristic is measured 
according to the outputs of the microphones set on the 
ears of the human body, the dummy mannequin or the dummy 
head. Therefore, the sound field can be accurately 
evaluated in agreement with the actual hearing perception. 
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CLAIMS 

1- A method for measuring an acoustic 
transmission characteristic between sound sources and a 
predetermined listening point in a vehicle, 
characterized in that 

a dummy mannequin similar in structure to an 
actual human body and having . surface sound absorbing 
characteristic substantially equa l to an average ^ 

absorbing characteristic of a clothed human body is set at 
said listening point; 

microphones are set at ears of said dummy 
mannequin; and 

outputs of said microphones are utilized to 
measure said acoustic transmission characteristic. 

2. An acoustic characteristic measuring method 
whereby a dummy head at the ears of which microphones are 
set is positioned at a listening point where sound 
reproduced by a plurality of sound sources corresponding 
to a plurality of channels is heard, and outputs of said 
microphones are utilized to measure an acoustic 
transmission characteristic between said listening' point 
and said sound sources, characterized in that 

random or quasi-random noise signals not 
correlated with one another An employed as source signals 
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for driving said plurality of sound sources. 

3. An acoustic characteristic measuring method 
whereby a dummy head at the ears of which microphones are 
set is positioned at a listening point where sound 
reproduced by a plurality of sound sources corresponding 
to a plurality of channels is heard, and outputs of said 
microphones are utilized to measure an acoustic 
transmission characteristic between said listening point 
and said sound sources, characterized in that 

a received sound output characteristic at said 
listening point is obtained according to an average of a 
sum of output signals of said microphones, and said 
acoustic transmission characteristic between said 
listening point and said sound sources is measured 
according to a difference between said received sound 
output characteristic and a transmission characteristic 
before said sound sources are driven. 

4. An acoustic characteristic measuring method 
whereby a dummy head at the ears of which microphones are 
set is positioned at a listening point where sound 
reproduced by a plurality of sound sources corresponding 
to a plurality of channels is heard, and outputs of said 
microphones are utilized to measure an acoustic 
transmission characteristic between said listening point 
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and said sound sources r«x=.,-, *. 

rces ' characterized in that 

ra.dc. or quasi-random nolse . lgMU 

correlated to one annf-x^ 

another are employed as source signals 
for drxvmg said plurality of sound sources.- and 

a received sound output characteristic at said 
lining po int im obtaiMd accMding ^ ^ 

sums o« output signals ox said Aerophones, and said 
--tic transmission characteristic hetween said 
Ustening poi„ t ana saia ^ ^ ^ 

according to a difference between sals 

een saia received sound 

output characteristic at.* . .. 

ristic and a transmission characteristic 
before said sound sources are driven. 

5- An acoustic graphic eouali.er comprising, 
-ans for applying . test ^ ^ ^ ^ ^ 

Channel auaio signal lines, graphic eoualiser means 

I h 7 "" ha ' ln9 " — cy 

ch.racter.stic.. first and second loudspeakers for 

bating sound in ce spo„se to channel outputs of said 
9 raphic equalizer means in a predetermined sound field- a 
aerophone unit for detecting sound in said sound field- 
and control ne a ns £or C o ntr oii ing said ^ 
characteristic of said graphic equalizer according to a 
level of a detection signai provided „y said microphone 
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unit, characterized in that 

said microphone unit comprises first and second 
microphones set at ear positions of a listener in said 
predetermined sound field. 

6. The automatic graphic equalizer as claimed 
in claim 5, wherein: 

said applying means comprises means for applying 
said test signal selectively to said first and second 
channel audio signal lines; and 

said control means comprises characteristic 
detecting means for detecting a frequency characteristic 
of an output of each microphone, microphone output 
selecting means for applying outputs of said first and 
second microphones selectively to said characteristic 
detecting means r 

said characteristic detecting means comprising: 
means for detecting and adding, when said test signal is 
applied to said first channel audio signal line, outputs 
of said first and second microphones to provide a 
detection addition output level, and when said test signal 
is applied to said second channel audio signal line, 
outputs of said first and second microphones to provide a 
detection addition output level, said graphic equalizer 
being controlled according to said detection addition 
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output levels. 

The auto Mtlo graphic equalizer as claimed 
in claim 6, wherein: 

said control means comprises means for dividing 
an output of said microphone output selectin g means into 
separate outputs in . pXuraUty of ^ ^ 

=aid det.cti„ g and adding means comprises means 
for performing said d,tecti„ g and add ing tor subjecting 
ail outputs of said dividin, means to addition with 
respect to outputs of said two microphones i„ like 
frequency bands. 

«. The automatic graphic equaliser as claimed 
in any one of claims S , 6 and 7. wherein said test si g nal 
- one of a white noise signal, a p inl c noise si g „al and a 
warble tone signal. 

9. An automatic sound field correcting system, 

comprising: 

9 raphic equaliser means provided in a first line 
through which an audio signal is supplied to electro- 
acoustic transducer means; 

test signal generating means for generating a 
test signal for causing said electro-acoustic transducer 

means to radiate a test siona i 

test signal sound having a 

predetermined characteristic in a listening space; 
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two microphones set at positions of ears of a 
listener to detect said test signal sound; 

control means for processing output signals of 
said microphones to discriminate a sound field frequency 
characteristic and adjusting a frequency characteristic of 
said graphic equalizer according to a discrimination 
result; and 

compensating means provided in one of said first 
line through which an audio signal is applied to said 
electro-acoustic transducer means and a line of processing 
output signals of said two microphones to compensate 
•unnaturalness in bearing sensation in said sound field 
frequency characteristic. 

10. The automatic field correcting system as 
claimed in claim 9, wherein said test signal sound is one 
of a warble tone signal, a pink noise signal, and a white 
noise signal. 

11. An acoustic characteristic measuring system 
which r in a stereo acoustic reproduction system including 
a plurality of sound sources provided in correspondence to 
a plurality of channel signals, measures an acoustic 
characteristic between said sound sources and a listening 
point at which reproduced sound from said sound . sources 
are listened to, characterized in that 
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a measuring system having microphones set at 
positions of ears of a human, a dummy mannequin or a dummy 
head positioned at said listening point, outputs of said 
microphones being utilized to measure said acoustic 
characteristic. 

12. The system as claimed in claim 11, wherein 
said microphones comprises a pair of symmetrical 
microphones, and further comprising power addition means 
for adding outputs of said pair of microphones to measure 
said acoustic characteristic. 

13. The system as claimed in claim 11 or 12, 
further comprising means for correcting a synthetic 
transfer function provided in an electrical circuit in 
said stereo acoustic reproduction system, and wherein said 
correcting means is controlled according to a result of 
measurement of said acoustic characteristic. 

14. The system as claimed in claim 11, further 
comprising means for performing signal processing of 
source signals driving said plurality of sound sources 
such that said source signals are uncorrelated with each 
other between said channels. 

15. The system as claimed in claim 11, further 
comprising means for applying a source signal to said 
plurality of sound sources in a time division manner. 
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